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(57) ABSTRACT 

A digital hearing aid according to the present invention is 
capable of measuring its oWn performance. The measure 
ment and initialization capability may be entirely integral to 
the hearing aid, or an external processor may be used to 
download the measurement program and the run time pro 
gram, and assist in computing the parameters. The hearing 
aid includes a test signal generator for feeding a test signal 
into the hearing aid ampli?er. The response to the test signal 
is acquired at a speci?c point in the hearing aid, depending 
upon What aspect of performance is to be measured. Various 
elements of the hearing aid and/ or the hearing aid feedback 
may be bypassed. The hearing aid further includes the 
capability of initializing hearing aid parameters based upon 
the performance measurements. 

11 Claims, 16 Drawing Sheets 
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APPARATUS AND METHODS FOR 
HEARING AID PERFORMANCE 

MEASUREMENT, FITTING, AND 
INITIALIZATION 

This application is a continuation in part of patent appli 
cation Ser. No. 09/413,732 ?led on Oct. 6, 1999 now US. 
Pat. No. 6,792,114 for Integrated Hearing Aid Performance 
Measurement and Initialization System. US. Pat. No. 6,219, 
427, issued Apr. 17, 2001 and entitled “Feedback Cancel 
lation Improvements” is incorporated herein by reference. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to apparatus and methods 

for hearing aid performance measurement, ?tting, and ini 
tialiZation. 

2. Description of the Prior Art 
In general, hearing aid performance measurements, 

Whether on the production line or in the individual Wearer’s 
ear, have used an external test system that generates the test 
signal and analyZes the response. For example, an audio 
gram is a major tool used in ?tting a hearing aid. An 
audiogram is a measurement of hearing loss, typically 
plotted as loss in dB as a function of frequency. Measuring 
an audiogram typically involves playing a set of tones 
through headphones While adjusting the level and frequency 
of the tones, and having the patient indicate Whether each 
tone can be heard or is inaudible. Computer systems for 
measuring audiograms are commercially available. US. Pat. 
No. 4,548,082 to Englebretson et al describes one method 
for measuring an audiogram. 

The measurement of the frequency response of a hearing 
aid in the ear, for example, typically requires the use of 
external signal generating and measurement equipment 
(Egolf, D. P., Tree, D. R., and Feth, L. L., 1978, “Math 
ematical predictions of electroacoustic frequency response 
of in situ hearing aids”, J. Acoust. Soc. Am., Vol. 63, pp 
2644271; Bade, P. F., Engebretson, A. M., Heidbreder, A. F., 
and Niemoeller, A. F., 1984, “Use of personal computer to 
model the electroacoustics of hearing aids”, J. Acoust. Soc. 
Am., Vol. 75, pp 6174620; Sanborn, P-E, 1998, “Predicting 
hearing aid response in real ears”, J. Acoust. Soc. Am., Vol. 
103, pp 340743417). Measurements of the feedback path 
from the receiver back to the hearing aid microphone also 
have required the use of external equipment (Egolf, D. P., 
HoWell, H. C., Weaver, K. A., and Barker, S., 1985, “The 
hearing aid feedback path: Mathematical simulations and 
experimental veri?cation”, J. Acoust. Soc. Am., Vol. 78, pp 
157841587), as does the determination of the maximum 
output signal level (Revit, L. 1., 1994, “Using coupler tests 
in the ?tting of hearing aids”, in Strategies for Selecting and 
Verifying Hearing Aid Fillings, ed. by M. Valente, NeW 
York: Thieme Medical Publishers). 
A conventional digital hearing aid is shoWn in FIG. 1A 

(prior art). Input sound signal 152 is converted into an audio 
signal by microphone 154. Hearing aid processor 156 is a 
digital signal processor (analog to digital conversion at the 
input and digital to analog conversion at the output are 
omitted for clarity). The processed audio signal is ampli?ed 
by ampli?er 158 and converted back into a sound signal 162 
by receiver 160. Conventional digital hearing aids like 
hearing aid 110 use digital signal processing for the run time 
system, but still rely on conventional measurement equip 
ment for measuring the hearing aid response and setting the 
processing parameters. Most digital hearing aids do not 
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2 
contain a programmable DSP circuit, but instead use a 
dedicated processor that can only perform the run time 
processing operations (SchWeitZer, C., “Development of 
digital hearing aids”, Trends in Ampli?cation, Vol 2, pp 
41477). These hearing aids are therefore incapable of per 
forming any measurements, calibration, or parameter ini 
tialiZation. 
An example of a conventional hearing aid test system 101 

is illustrated in FIG. 1B (prior art). The hearing aid 110 to 
be evaluated is placed in a test box 102. The input to hearing 
aid 110 is an acoustic test signal 109 from loudspeaker 108, 
also contained in test box 102. Hearing aid 110 is con?gured 
to perform the desired signal processing function, such as 
linear gain or multiband compression. The hearing aid 
output is an acoustic signal that is then piped to acoustic 
coupler 114 via a piece of tubing 113. The acoustic coupler 
consists of a microphone 118 placed at the end of a cavity 
116. An external computer 104 controls the generation of 
test signal 109 and acquires and processes the microphone 
response 120. Display 116 displays test results. A commer 
cial hearing aid test system that conforms to this basic design 
is the Fonix 6500, manufactured by Frye Electronics, Inc, 
Tigard, Oreg. 97223. 

For independently performing measurements, the digital 
hearing aid must be able to accept a program for generating 
a test signal and recording the response as Well as accept the 
program for the run time processing. A need remains in the 
art for apparatus and methods for integrated hearing aid 
performance measurement, ?tting, and initialization. 

SUMMARY OF THE INVENTION 

It is an object of the present invention to provide appa 
ratus and methods for integrated hearing aid performance 
measurement, ?tting, and initialiZation. 

In addition to providing digital processing of the audio 
signal being ampli?ed to compensate for the hearing loss, 
the programmable DSP circuit of a hearing aid according to 
the present invention is also used to measure the character 
istics of the hearing aid on the production line or ?tted to the 
individual ear. Such a hearing aid might perform measure 
ments such as maximum output signal level, distortion, or 
the response characteristics of the microphone or receiver. 
By using the signal processing system described herein, 
these and other tests can be performed all or in part by the 
hearing aid under test. A test program is loaded into the 
hearing aid and the tests are performed. Then the program 
used for the run time ampli?cation, along With any process 
ing parameters set during the tests, is loaded into the hearing 
aid memory. 

Improvements according to the present invention include 
improvements to the ?tting and initialiZation of the hearing 
aid. With regard to ?tting and initialiZing the feedback 
cancellation hearing aid, the feedback path model deter 
mined during initialiZation may be used to set the maximum 
gain alloWable in the hearing aid. This maximum stable gain 
can be used to assess the validity of the hearing aid design, 
by determining Whether the the recommended gain for that 
design exceeds the maximum stable gain. Further, the hear 
ing aid ?tting in the ear canal may be tested for leakage, by 
testing Whether the maximum stable gain computed for the 
hearing aid With its vent hole blocked is substantially higher 
than the maximum stable gain computed for the hearing aid 
With its vent open. 

Another ?tting and initialiZation feature alloWs the use of 
the error signal plotted versus time in the feedback cancel 
lation system as a convergence check of the system, or the 
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amount of feedback cancellation can be estimated by com 
paring the error at the end of convergence to that at the start 
of convergence. The error signal may also be used to do an 
iterative selection of optimum bulk delay in the feedback 
path, With the optimum delay being that Which gives the 
minimum convergence error. Or, the bulk delay may be set 
by choosing a preliminary delay, alloWing the zero model 
coef?cients to adapt, and adjusting the preliminary delay so 
that the coef?cient having the largest magnitude is posi 
tioned at a desired tap location. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1A (prior art) shoWs a conventional hearing aid. 
FIG. 1B (prior art) shoWs a conventional hearing aid test 

system. 
FIG. 2A (prior art) is a block diagram shoWing a hearing 

aid With feedback cancellation, con?gured for initial deter 
mination of zero ?lter coef?cients at start-up. 

FIG. 2B (prior art) is a block diagram shoWing the hearing 
aid of FIG. 2A, con?gured for optimizing zero ?lter coef 
?cients at start-up. 

FIG. 3 (prior art) is a block diagram shoWing the hearing 
aid of FIG. 2A, con?gured for operation. 

FIG. 4 is a How diagram shoWing a ?rst integrated hearing 
aid performance measurement and initialization method 
according to the present invention. 

FIG. 5 is a How diagram shoWing a second partially 
integrated hearing aid performance measurement and ini 
tialization method according to the present invention. 

FIG. 6 is a block diagram shoWing a ?rst con?guration for 
performing the measurement steps of FIGS. 4 and 5. 

FIG. 7 is a block diagram shoWing a second con?guration 
for performing the measurement steps of FIGS. 4 and 5. 

FIG. 8 is a block diagram shoWing a third con?guration 
for performing the measurement steps of FIGS. 4 and 5. 

FIG. 9 is a plot of the error signal during initial adaptation 
of the embodiment of FIG. 2A. 

FIG. 10 is a plot of the magnitude frequency response of 
the IIR ?lter after initial adaptation, for the embodiment of 
FIG. 3. 

FIG. 11 is a How diagram shoWing a process for setting 
maximum stable gain, for the embodiment of FIG. 3, during 
initialization and ?tting. 

FIG. 12 is a How diagram shoWing a process for assessing 
a hearing aid based on the maximum stable gain, for the 
embodiment of FIG. 3, during initialization and ?tting. 

FIG. 13 is a How diagram shoWing a process for using the 
error signal in the adaptive system as a convergence check, 
for the embodiment of FIG. 3, during initialization and 
?tting. 

FIG. 14 is a How diagram shoWing a process for using the 
error signal to adjust the bulk delay in the feedback model, 
for the embodiment of FIG. 3, during initialization and 
?tting. 

FIG. 15 is a block diagram shoWing a process for esti 
mating bulk delay by monitoring zero coe?icient adaptation, 
for the embodiment of FIG. 3, during initialization and 
?tting. 

FIG. 16 is a How diagram shoWing a process for adjusting 
the noise probe signal based upon ambient noise, for the 
embodiment of FIG. 3, either during initialization and ?tting 
or during start up processing. 
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4 
DETAILED DESCRIPTION OF THE 

PREFERRED EMBODIMENT 

FIGS. 2A, 2B, and 3 (prior art) are block diagrams 
shoWing a feedback cancellation hearing aid during initial 
ization and operation. US. Pat. No. 6,219,4278, issued Apr. 
17, 2001, entitled “Feedback Cancellation Improvements” 
and incorporated herein by reference, describes this embodi 
ment in greater detail. A brief description folloWs. 

The IIR ?lter design proceeds in tWo stages. In the ?rst 
stage the initial ?lter pole and zero coef?cients are com 
puted. Ablock diagram is shoWn in FIG. 2A. The hearing aid 
processing is turned o?‘, and White noise probe signal 216 is 
injected into the system instead. During the e.g. 250-msec 
noise burst, the poles and zeroes of the entire system transfer 
function are determined using an adaptive equation-error 
procedure. The system transfer function being modeled 
consists of the series combination of the ampli?er 218, 
receiver 220, acoustic feedback path 222, and microphone 
202. The equation-error procedure uses FIR ?lter 206 after 
the microphone to cancel the poles of the system transfer 
function, and uses FIR ?lter 212 to duplicate the zeroes of 
the system transfer function. Delay 214 represents the broad 
band delay in the system. Filters 206 and 212 are simulta 
neously adapted during the noise burst using an LMS 
algorithm 204, 210. The objective of the adaptation is to 
minimize the error signal produced at the output of summa 
tion 208. When the ambient noise level is loW and its 
spectrum relatively White, minimizing the error signal gen 
erates an optimum model of the poles and zeroes of the 
system transfer function. In the preferred embodiment, a 
7-pole/7-zero ?lter is used. 
The pole coef?cients are then frozen and undergo no 

further changes. In the second stage of the IIR ?lter design, 
the zeroes of the IIR ?lter are adapted to correspond to the 
modi?ed poles. A block diagram of this operation is shoWn 
in FIG. 2B. The White noise probe signal 216 is injected into 
the system for a second time, again With the hearing aid 
processing turned o?‘. The probe is ?ltered through delay 
214 and thence through the frozen pole model ?lter 206 
Which represents the denominator of the modeled system 
transfer function. The pole coef?cients in ?lter 206 have 
been detuned as described in the paragraph above to loWer 
the Q values of the modeled resonances. The zero coeffi 
cients in ?lter 212 are noW adapted to reduce the error 
betWeen the actual feedback system transfer function and the 
modeled system incorporating the detuned poles. The objec 
tive of the adaptation is to minimize the error signal pro 
duced at the output of summation 208. LMS adaptation 
algorithm 210 is again used. Because the zero coef?cients 
computed during the ?rst noise burst are already close to the 
desired values, the second adaptation Will converge quickly. 
In many instances, the second adaptation produces minimal 
changes in the zero ?lter coef?cients. In these cases the 
second stage can be safely eliminated. 

FIG. 3 (Prior Art) is a block diagram shoWing the hearing 
aid during operation, including the running adaptation of the 
zero ?lter coef?cients, in a ?rst embodiment of the present 
invention. The series combination of the frozen pole ?lter 
206 and the zero ?lter 212 gives the model transfer function 
G(z) determined during start-up. The coef?cients of the zero 
model ?lter 212 are initially set to the values developed 
during the start-up procedure, but are then alloWed to adapt. 
The coefficients of the pole model ?lter 206 are kept at the 
values established during start-up and no further adaptation 
of these values takes place during normal hearing aid 
operation. The hearing aid processing is then turned on and 
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the Zero model ?lter 212 is allowed to continuously adapt in 
response to changes in the feedback path as Will occur, for 
example, When a telephone handset is brought up to the ear. 

During the running processing shoWn in FIG. 3, no 
separate probe signal is generally used, since it Would be 
audible to the hearing aid Wearer. The coe?icients of Zero 
?lter 212 are updated adaptively While the hearing aid is in 
use. The output of hearing aid processing 402 is used as the 
probe. In order to minimize the computational requirements, 
the LMS adaptation algorithm is preferably used by block 
210. More sophisticated adaptation algorithms offering 
faster convergence are available and could be used instead, 
but such algorithms generally require much greater amounts 
of computation and therefore are not yet as practical for a 
hearing aid. The adaptation is driven by error signal e(n) 
Which is the output of the summation 208. The inputs to the 
summation 208 are the signal from the microphone 202, and 
the feedback cancellation signal produced by the cascade of 
the delay 214 With the all-pole model ?lter 206 in series With 
the Zero model ?lter 212. The Zero ?lter coef?cients are 
updated using LMS adaptation in block 210. The LMS 
Weight update on a sample-by-sample basis is given by 

Where W(n) is the adaptive Zero ?lter coef?cient vector at 
time n, e(n) is the error signal, and g(n) is the vector of 
present and past outputs of the pole model ?lter 206. The 
Weight update for block operation of the LMS algorithm is 
formed by taking the average of the Weight updates for each 
sample Within the block. 

FIG. 4 is a How diagram shoWing a ?rst integrated hearing 
aid performance measurement and initialiZation method 
400. The hearing aid might be very similar to that shoWn in 
FIG. 3, but the hearing aid processor is a programmable 
DSP. The initial processing steps 404408 shoWn in FIG. 4 
are preferably run prior to the run time operation 414 of the 
hearing aid, as an initialiZation process. This initialiZation 
may be performed once, or each time the hearing aid is 
turned on, or at other times. In FIG. 4, the initialiZation 
process is entirely integrated Within the hearing aid. FIG. 5 
shoWs an alternative embodiment in Which some or all of the 
processing is of?oaded to a host computer. For example, the 
host computer could estimate the physical feedback path. 

In the example of FIG. 4, the code used to perform 
measurements and set initialiZation parameters is resident in 
hearing aid memory 403, and all processing is performed 
Within the hearing aid. 

In step 404, the measurement program is loaded from 
hearing aid memory 403. Preferably, this program is stored 
in some form of reWritable memory, so the program can be 
updated if desired. Step 406 performs measurements of 
hearing aid performance, for example transfer functions of 
various combinations of hearing aid elements. FIGS. 6*8 
illustrate various measurement con?gurations Which could 
be employed. In step 408, processing parameters are com 
puted from these measurements. In step 412, the hearing aid 
run time program is loaded into operating memory, and in 
step 414, run time hearing aid processing begins. 
Note that the tWo step procedure of loading the initial 

iZation code folloWed by loading the run time code is most 
appropriate When the hearing aid has a limited amount of 
program memory; if enough memory is available, the ini 
tialiZation and run time code can be combined into a single 
program. 

FIG. 5 is a How diagram shoWing a second, partially 
integrated, hearing aid performance measurement and ini 
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6 
tialiZation method. In this embodiment, the hearing aid 
establishes a bidirectional link, or communication conduit, 
With a host computer 502 to doWnload program code and 
process the measurements. Display 516 displays maximum 
stable gain curves, hearing aid response curves, and the like. 
In step 504 the measurement program is doWnloaded from 
host computer 502. The hearing aid DSP runs the program 
and acquires data in step 506, and may also partially process 
the data. The raW or partially processed data is then sent up 
to host computer 502, Which computes some or all of the 
processing parameters. Step 508 stores the processing 
parameters for use by the run time processing program. The 
run time code is then doWnloaded to the hearing aid in step 
512. Real time processing begins in step 514. 
The method shoWn in FIG. 5 might be used When there is 

simply not enough storage memory in the hearing aid for 
both the measurement program and the run time program. 
Thus, each must be separately loaded into the hearing aid 
When needed. In general, the initialiZation is performed only 
once in the scenario shoWn in FIG. 5, since an external 
computer is required to load the tWo programs. HoWever, the 
process of FIG. 5 could be repeated, if better initialiZation or 
run time programs became available, for example. 

FIGS. 6?8 shoW con?gurations for performing measure 
ment steps 406 and 506 of FIGS. 4 and 5. FIGS. 11*16 
illustrate examples of computing processing parameters, 
either in the hearing aid or in a host computer. 

FIG. 6 is a block diagram shoWing a ?rst measurement 
con?guration. The characteristics of the feedback path, 
Which includes the ampli?er 218, receiver 220, and micro 
phone 202 along With the acoustic and mechanical feedback 
222, can be measured by exciting the system With a test 
signal 602 (eg Probe 216) and recording the response 612 
at the hearing aid microphone 202. 
The impulse response of the feedback path can be 

obtained, for example, by using a periodic maximal-length 
sequence as the probe and accumulating the corresponding 
periods of the microphone response. The circular correlation 
of the microphone response With one period of the excitation 
Will then give the impulse response of the feedback path. 
System identi?cation techniques can then be used to produce 
an all-Zero, all-pole, or pole-Zero model of the feedback path 
from the impulse response. An alternative Would be to excite 
the system With a White noise probe sequence and adapt a set 
of ?lter coef?cients to produce the model of the feedback 
path. 

FIG. 7 is a block diagram shoWing a second con?guration 
for performing measurement steps 406 and 506 of FIGS. 4 
and 5. The characteristics of receiver 220 can be determined 
using the con?guration of FIG. 7. As in the case of the FIG. 
6 con?guration, a test signal is generated by block 602 
Which passes through ampli?er 218 and receiver 220. HoW 
ever, in this con?guration, a calibrated microphone 708 is 
electrically connected to the hearing aid input via pre-amp 
710, thus bypassing the feedback path and the hearing aid 
microphone. The signal is recorded at 712. 
A maximal-length sequence can be used as the excitation, 

and the impulse response of receiver 220 determined from 
the output of the calibrated external microphone connected 
to the audio input of the hearing aid. Or, as in the case of the 
feedback path estimation shoWn in FIG. 6, a White noise 
excitation can be used and a set of ?lter coe?icients adapted 
to produce a model of the receiver response. 

If only the magnitude frequency response is desired, the 
system can be excited With a sine-Wave sWeep and the 
response recorded at the hearing aid input, or individual 
tones can be used With the magnitude at each frequency 












